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ABSTRACT 
Perspective Control Microphone Array (PCMA) is a technique that allows one to flexibly render spatial audio 
images depending on the desired virtual listening position in a reproduced soundfield.  Two subjective listening 
experiments have been conducted to evaluate the effectiveness of PCMA on controlling perceived auditory distance 
and width as these attributes were considered to be relevant to perspectives created at different seating positions in a 
concert hall.  The first experiment examined the relationship between perceived distance and width at three different 
source-listener distances in a concert hall using anechoic trumpet and conga sources convolved with binaural room 
impulse responses.  It was found that perceived width decreased as the source-listener distance increased.  It was 
also shown that the perceived magnitudes linearly changed at doubled distances.  The second experiment tested 
three reference virtual array configurations of PCMA on the same attributes using the same sources and an orchestra 
recording.  It was found that perceived distance and width significantly varied for different PCMA configurations in 
highly similar ways as the results of the previous experiment.  These results seem to strongly validate the 
effectiveness of PCMA for post-production and user-interactive applications. 
 
1. INTRODUCTION 
In concert hall recording using a microphone array, the 
physical distance of the array from a sound source 
determines the characteristics of soundfield cues 
acquired in the microphone signals as well as the 
encoded relationship between interchannel time and 
difference (ICTD) and interchannel level difference 
(ICLD), thus determining the perceived spatial 
attributes in the reproduced sound image.   
 
Therefore, one should first have a clear idea about what 
kind of perspective he or she wants to create in the 
recording when determining the position and 
configuration of a microphone array.  With conventional 
microphone techniques, however, it is only possible to 
create one perspective at a given source-array position, 
and once a recording is made there is a lack of 
flexibility to adjust the characteristics of perceived 
spatial attributes such as the width and distance of 
source or ensemble and listener envelopment.  Although 
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using ambience microphones for rear channels could be 
helpful for controlling listener envelopment to some 
extent, it would still be difficult to change the width and 
distance of frontal images since the soundfield cues 
encoded in the front channel signals would remain 
unchanged. 
 
Ambisonics could provide a functionality to control 
image width and distance by creating virtual 
microphones with different polar patterns and subtended 
angles.  Despite this advantage, B-format signals 
generated from this coincident technique encode ICLD 
only and therefore there is a lack of low frequency 
signal decorrelation that is required for producing a 
satisfying natural spatial impression [1].  Most 
multichannel microphone techniques tend to employ 
widely spaced near-coincident configurations, which 
produce both ICTD and ICLD [2, 3].  
Perspective Control Microphone Array (PCMA), 
recently proposed at the 130th AES convention [4], is a 
technique that attempts to flexibly and effectively 
render various spatial images dependent on the desired 
virtual listening position in multichannel sound 
reproduction.  PCMA is a widely spaced near-
coincident array in its overall look, which is similar to 
conventional five-channel arrays.  However, it employs 
a coincident pair at each of the five pick-up points, with 
each being converted into a virtual microphone with a 
desired mixing ratio.  Although this technique shares a 
similar concept with Ambisonics in that its working 
principle is based on utilising virtual microphones to 
acquire different soundfield cues, its spaced nature 
allows sufficient ICTD cues as well as ICLD, thus 
providing more spacious sound.  
 
PCMA was designed based on a perceptual model 
called ‘listener’s perspective paradigm’, which defines 
how the characteristics of a listener’s spatial perception 
would vary as the source-listener distance changes.  
This was to provide a realistic and systematic control 
over different types of spatial attributes.  Owing to its 
control flexibility, this technique is expected to be 
useful for post-production of multichannel recording or 
image rendering using concert hall impulse responses.  
It could also serve user-interactive audio applications, in 
which listeners themselves can mix PCMA signals 
using a rendering interface and decide their favourite 
virtual listening position rather than being given a fixed 
listening perspective that the recording engineer or 
producer predetermined.  This functionality could be 
provided by a recently standardised MPEG audio object 
coding technology called SAOC [5]. The listener’s 
perspective paradigm and the working principles of 
PCMA are described in details in the next chapter.  
 
This paper firstly describes background theories related 
to the listener’s perspective paradigm and the working 
principles of PCMA in the next chapter.  Two subjective 
listening experiments conducted are then presented.  
The first experiment verifies a hypothesis of the 
listener’s perspective paradigm with regard to the 
relationship between perceived source width and 
distance changes depending on source-listener distance 
in a concert hall.  The second experiment examines the 
ability of PCMA to effectively control the same 
attributes as the listener’s perspective paradigm suggests.  
Finally, the results of the two experiments will be 
discussed in details. 
2. BACKGROUND 
2.1. Listener’s Perspective Paradigm 
A listener’s perspective paradigm is proposed to 
describe how the perception of spatial impression would 
vary at different source-listener distances in a concert 
hall.  It could provide a useful model for evaluating the 
perceived spatial quality of multichannel audio from the 
viewpoint of a realistic soundfield representation aiming 
at a virtual listening position.   
 
In the context of concert hall acoustics, spatial 
impression is usually divided into ASW (Apparent 
Source Width) and LEV (Listener Envelopment).  
Arguably, the most widely referred objective measures 
for ASW are Lateral Fraction (LF) [6] and 1-IACCE3 
[7].  LF suggests that the perception of ASW is 
determined by the energy of early lateral reflections 
arriving at the listener’s ears within about 80ms after the 
arrival of the direct sound.  1-IACCE3 is the average 
IACC (interaural cross-correlation coefficient) for the 
three octave frequency bands with the centre 
frequencies of 500Hz, 1000Hz and 2000Hz of a 
binaural impulse response below 80ms.  This measure 
suggests that the higher the value was, the greater the 
perceived ASW would be.   
 
Although these measures were confirmed to be valid at 
a given source-listener distance, little attention, to the 
author’s knowledge, has been paid to the effect of 
source-listener distance on perceived source width.  It is 
important to note that ASW is also dependent on 
loudness or sound pressure level (SPL) as shown in a 
number of studies (i.e. a greater ASW for an increased 
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loudness or SPL) [7, 8, 9].  Morimoto and Iida proposed 
an objective measure named SB (Source Broadening) = 
LF + G(early)/60 in dB, where G is the strength factor 
representing loudness [10].  Based on the fact that the 
SPL of sound would decrease as the measurement 
distance increases [11], it seems logical to hypothesise 
that ASW would also decrease as the source-listener 
distance increases.  
 
The direct to reverberation (D/R) energy ratio are 
widely known as the most reliable cues for the 
perception of auditory distance in a concert hall [12].  
The SPL of direct sound is inversely proportional to the 
square of the source distance (i.e. inverse square law).  
However, the level of reverberation does not change 
much at different distances [11].  This causes the D/R 
ratio to decrease at an increased source-listener distance.  
It is important to note here that the main cause for a 
variation of D/R ratio at an increased distance in a 
concert hall would be a decreased SPL of direct sound, 
not an increased energy of reverberation energy. 
 
Another important source-related spatial attribute to 
consider is ensemble width, which relates to the 
perception of the width of a “group” of individual 
sources (e.g. orchestra).  In LPP it is suggested that 
perceived ensemble width decreases as the source-
listener distance increases.  This is simply based on the 
fact that interaural time and level differences (ITD and 
ILD) for the sound of a far-left or far-right source in an 
ensemble become smaller at an increased distance.   
 
Conventional objective measures for LEV include ‘late 
lateral energy fraction’ [13] and IACCL3  [7]; the 
former suggests that LEV is proportional to the energy 
of reverberation arriving after 80ms whereas the latter 
predicts LEV with an average IACC between 80ms and 
750ms for 500Hz, 1000Hz and 2000Hz octave bands.  
In LPP, however, it is hypothesised that LEV is also 
related to the balance between reverberation arriving 
from listener’s front and that from listener’s rear in the 
magnitudes of perceived impression.  This suggests that 
there is a need to divide impression perceived from 
reverberation into two types: front environment 
impression and rear environment impression, with each 
having width and depth attributes.  The balance would 
vary at different source-listener distances and 
consequently so would the perception of LEV.  This 
approach is considered to be important for multichannel 
recording or rendering aiming at a specific virtual 
listener position.  Although high-order multichannel 
formats employing a larger number of channels are 
being developed, to date there is no reference as to how 
reverberation should be distributed to different channels 
to create a realistic and natural impression of a certain 
listener position.  Research into this area is currently in 
progress by this author.   
 
From the above-described paradigm, the following 
general assumptions can be made.   In a shoebox shaped 
concert hall, for a front seat listener an individual sound 
source on the stage would be perceived to be close and 
wide due to its relatively SPL and the interaction with 
strong early lateral reflections.  Reverberant sounds 
would arrive mostly from the listener’s rear in this case, 
thus leading to a large magnitude of rear environment 
impression.  At a back seat, on the other hand, the 
sources would appear relatively narrower due to a lower 
SPL and a smaller influence of early lateral reflections 
whereas environment impression would be perceived 
mostly in the listener’s front.  The perceived width of an 
ensemble would become narrower as the source-listener 
distance increases due to the effect of ITD and ILD 
decreasing.  
 
 
Figure 1. Conceptual diagrams of listener’s spatial 
perceptions at a front seat and a back seat 
 
2.2. PCMA 
PCMA employs five coincident microphone pairs that 
are widely spaced, as shown in Figure 2.  To briefly 
describe the configuration and working principle of 
PCMA, firstly the front three pairs are converted into 
three virtual microphones by mixing the coincident 
signals in each pair to feed the front three loudspeakers 
in conventional 5.0 or 7.0 multichannel formats.  The 
distance between the left and right pairs is 100cm and 
that between the centre pair and the base point is 25cm.  
These distances are carefully chosen to achieve a 
continuous localisation curve across the front channels 
as well as sufficient ICTD.  The left and right pairs 
(FL1-FL2 and FR1-FR2) employ cardioid microphones 
with 130° subtended angle, with one facing forward 
with ±25° angle from the centre line and the other 
backward with ±155°.  When the two coincident 
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cardioids with this specific angle are combined with the 
same ratio, the resulting virtual microphone becomes a 
sideward facing sub-cardioid, as shown in Figure 3.  As 
the mixing ratio between the two coincident signals in 
the left or right pair decreases linearly from 1:0 to 0:1, 
the on-axis angle of left or right virtual microphone 
from the centre line increases in either anti-clock wise 
or clock wise, respectively.  The cardioid microphones 
FC1 and FC2 in the centre pair are arranged in a back-
to-back form (180° subtended angle), thus being 
converted into an omni-directional virtual microphone 
when mixed with the same ratio (Figure 3).  The front-
back directional response of this virtual microphone can 
be controlled with the mixing ratio varied from 1:0 to 
0:1.   
 
 
 
Figure 2. Basic configuration of PCMA 
 
 
 
 
 
(a) The left front coincident pair of PCMA with 130° 
subtended angle and the virtual microphone created 
with a mixing ratio of 0.707:0.707  
 
 
(b) The centre front coincident pair of PCMA with 
180° subtended angle the  virtual microphone 
created with a mixing ratio of 1:1  
 
Figure 3. Examples of virtual microphone creation using 
a coincident microphone pair in PCMA 
 
 
In this way, the direct to reverberant ratio in the front 
channel signals could be adjusted continuously and the 
perceived source distance would change accordingly.  
Since the level of direct sound as well as early 
reflections would decrease with the ratio varied from 
1:0 to 0:1, the perceived source width would decrease 
with increased perceived distance, as the listener’s 
perspective paradigm suggests. Furthermore, the 
stereophonic recording angle (SRA) of a virtual 
microphone array varies from 106° to 168° at a source-
array distance of 3m for example, and this means that 
the perceived width of ensemble could also be 
controlled.  The frontal PCMA configurations are 
described in more details in Section 4.2.  
 
The rear part of the array employs two pairs of 
coincident microphones angled at 90° with one facing 
sideward and the other backward.  The sideward facing 
microphones BL1 and BR1 aim to mainly pick up 
lateral reflections from the sidewalls while the 
backward facing BL2 and BR2 reverberation from the 
back.  Hypercardioid is chosen for BL1 and BR1 for its 
ability to sufficiently suppress the level of direct sound 
from the front. Cardioid is used for the backward facing 
BL2 and BR2 for the same reason.  For 7.0 channel 
reproduction BL1 and BR1 are fed to the side 
loudspeakers and BL2 and BR2 to the rear.  The side 
signals are used to control perceived environment width 
whereas the rear signals to control perceived rear 
environment depth.  For 5.0 channel format, BL1 and 
BR1 are routed to the front loudspeakers instead of the 
sides with a careful level balancing.  Alternatively, the 
two microphones in each pair can be converted into a 
virtual microphone with different mixing ratios 
depending on the desired ambient characteristics. 
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3. EXPERIMENT 1 
3.1. Aim 
This experiment was carried out to verify the hypothesis 
of the listener’s perspective paradigm suggesting that 
perceived auditory width decreases as source-listener 
distance increases in a concert hall.  This hypothesis is 
based on the research suggestion that a decreased SPL, 
which is related to increased source-listener distance, 
would give rise to a decrease in perceived source width.  
As pointed out earlier, however, no dedicated research 
has been conducted into the relationship between 
source-listener distance and perceived source width.  
This experiment was necessary in that the source width 
control of PCMA is based on this hypothesis.  
 
3.2. Stimuli 
This experiment was conducted using a binaural 
auralisation method to enable the subjects to compare 
sounds recorded at different source-receiver distances 
simultaneously.  Binaural room impulse responses 
(BRIRs) were measured using a Neumann KU100 
dummy head in the St.Paul’s concert hall at the 
university of Huddersfield.  It is a medium sized church-
converted concert venue with a high ceiling and an 
RT60 of about 2.1 seconds.  The measurement 
loudspeaker was a Genelec 8040A and it was placed in 
the centre of the stage area.  The measurement distances 
were 3m, 6m and 12m along the centre line from the 
loudspeaker.  These distances were specifically chosen 
to relate the changes of direct sound level at each 
distance to the inverse square law (i.e. 6dB decrease at 
every doubled distance).  This was considered to be 
useful for the evaluation of PCMA’s distance control 
functionality based on its level relationship, which will 
be described in Section 4.2.  The peak SPL measured 
for the reproduced sine sweep was 90.2dB(A), 
85.3dB(A) and 80.5dB(A) at 3m, 6m and 12m from the 
source, respectively.    
 
BRIRs were obtained using a 15 second long 
exponential sine sweep with the frequencies ranging 
from 20Hz to 20kHz based on the method described in 
[14].  Two anechoic recordings of trumpet and conga 
performance excerpts taken from the Bang & Olufsen 
Archimedes project CD [15] were convolved with the 
extracted BRIRs to create the subjective test stimuli.  
These sources were chosen for their distinctive 
continuous and transient characteristics.  Their 
waveforms are shown in Figure 4.  
 
(a)  
(b)  
Figure 4. Two second examples of the waveforms of the 
sound sources used: (a) trumpet (b) conga  
3.3. Subjects 
12 subjects took part in the listening tests.  They were 
staff members and undergraduate students of the music 
technology courses at the University of Huddersfield.  
They were all experienced in binaural listening. 
3.4. Test method 
This experiment was divided into two sub-tests: source-
listener distance test and source width test.  There were 
two trials in each test and each trial contained three 
stimuli created from the BRIRs of three different 
distances for one sound source.  Prior to the tests, the 
definitions of the attributes under test, which are shown 
in Table 1, were explained in details.  The subjects were 
given a graphical user interface written using MAX-
MSP.  They were first given three familiarisation trials 
so that they could get used to the interface and the 
difference between the test stimuli.  They were then 
asked to compare the three stimuli A, B and C using 
Sennheiser HD201 headphones and grade their relative 
magnitudes of perceived source-listener distance or 
source width on the continuous scales using the sliders.  
For each source, the headphone level for each stimulus 
created from the BRIR measured at 3m was calibrated 
to an average SPL of 75dB(A).  The presentation order 
for the stimuli was randomised for each trial and for 
each subject so as to avoid potential psychological 
biases.  The orders of tests and trials were also arranged 
differently for each subject. 
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Table 1. The definitions of spatial attributes used for 
Experiment 1 
Attribute Definition 
Source-Listener 
Distance 
The perceived distance of a 
listener from an individual sound 
source 
 
Source 
Width 
The perceived horizontal spatial 
extent of a sound source itself; 
not related to reverberation or 
any other sound event that is 
temporally or spatially separated 
from the source 
 
3.5. Results and analysis 
The data collected from the listening tests were firstly 
normalised and then statistically analysed using the 
ANOVA method.  The significance level was set to 0.05.  
The analysed results shown in Table ? firstly suggests 
that the distance between sound source and dummy 
head microphone had a significant main effect on both 
perceived source-listener distance and perceive source 
width (p=0).  On the other hand, the difference between 
trumpet and conga was not significant (p>0.05).   
Although the result of distance test seems to be rather 
obvious at the fairly large source-receiver distance 
changes from 3m to 12m, the one of the main purposes 
of this experiment was to examine the changes in the 
magnitudes of perceived distance at every doubled 
distance as well as those of perceived width.  To 
investigate this, the mean values and 95% confidence 
intervals for each source-receiver distance are plotted in 
Figure 5 and Figure 6.   
 
 
Table 2. Results of ANOVA performed to  
examine the main effect of source-receiver distance 
and sound source type on perceived auditory 
distance and width  
Attributes  Variable F p 
Source-Listener 
Distance  
Receiver 
distance 
216.138 0.000 
Sound 
source 
0.630 0.430 
 
Source 
Width 
Receiver 
distance 
60.184 0.000 
Sound 
source 
0.813 0.371 
 
 
 
 
It can be observed in Figure 5 that as the physical 
distance is doubled the perceived source-listener 
distance increase almost linearly for both sources. No 
error bar overlaps with another.  Although the 
difference between trumpet and cello is insignificant, 
there is a tendency that conga is graded to be slightly 
more distant than trumpet for each physical distance.   
Figure 6 shows the results for the source width test. It is 
obvious that both sound sources were perceived 
significantly narrower at an increased source-receiver 
distance.  This is opposite of the tendency observed in 
the source-listener distance results.  The ‘Pearson’ 
correlation coefficient was computed to see how the two 
test attributes are correlated and the result was a high 
negative correlation (-0.858). 
 
It needs to be reminded that the primary purpose of the 
experiment of the test was not to grade the absolute 
interaural widths of perceived source images, but to 
statistically examine the relative difference among 
different source-receiver distances in the magnitude of 
perceived source width.  The subjects were therefore 
given freedom to use a full range of the continuous 
grading scale without any semantic anchor points, and 
this could mean that the graded width does not 
necessarily represent the absolute width. 
 
Figure 5. Means and associated 95% confidence interval 
of perceived source-listener distance for each physical 
source-receiver distance  (More distant towards 100) 
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Figure 6. Means and associated 95% confidence interval 
of perceived source width for each physical source-
receiver distance (Wider towards 100) 
 
4. EXPERIMENT 2 
4.1. Aim 
It was the primary aim of this experiment to 
subjectively test if effective controls over the distance 
and width of reproduced source and ensemble images 
would be possible with varied rendering scenarios.  It 
was also of interest to examine if the perceived changes 
would reflect an actual distance and width perception in 
the recording space.  
4.2. PCMA configurations tested 
Figure 7 shows three PCMA configurations that were 
compared in this experiment. The mixing ratio for the 
first configuration (Config 1) is 1:0 for every front 
coincident microphone pair shown in Figure 2.  This 
configuration aims at picking up strong direct sounds 
and early lateral reflections with the highest direct to 
reverberant (D/R) ratio amongst the three 
configurations, and therefore the widest and closest 
source image can be expected.  The second 
configuration (Config 2) mixes the signals of each pair 
with the mixing ratio of 0.5:0.5, thus creating sideward 
facing virtual subcardioid microphones for the left and 
right channels and a virtual omni microphone for the 
centre.  This gives rise to a decreased D/R ratio 
compared to Config 1.  In the third configuration 
(Config 3), the mixing ratios for the left and right pairs 
become 0:1.  The left and right microphones would 
therefore pick up less direct sound and more 
reverberation, thus increasing D/R ratio.  On the other 
hand, the centre virtual microphone remains omni-
directional.  This is to maintain the presence and the 
focus of direct sound.  Consequently, the narrowest and 
the most distant source image could be achieved with 
this configuration.  
 
 
(a) Config 1: three cardioid microphones. Mixing 
ratio 1:0 for all front coincident pairs 
 
(b) Config 2: omni centre and subcardioid left and 
right microphones. Mixing ratio 0.5:0.5 for all 
three coincident pairs 
 
(c) Config 3: Mixing ratio 0.5:0.5 for the centre 
and 0:1 for the left and right coincident pairs. 
 
Figure 7: Three reference virtual microphone arrays of 
PCMA with different mixing ratios 
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Table 3. Level relationship of three reference PCMA 
configurations 
Channel Config 1 Config 2 Config 3 
L -0.8dB -6.7dB -34.8dB  
C 0dB -6dB -6dB  
R -0.8dB -6.7dB -34.8dB  
Total 9.0dB 3.1dB -5.4dB 
 
 
Table 3 presents the levels of direct sounds for each 
configuration calculated based on an assumption that a 
sound source is located centrally at 3m distance from 
the array base in a free field.  As can be seen, the 
decrease in total level between Config 1 and Config 2 is 
5.9dB and that between Config 2 and Config 3 is 8.4dB.  
Based on the inverse square law (i.e. 6dB decrease at 
every doubled distance), these configurations are 
expected to simulate virtual listening positions at 
doubled distances roughly. 
 
Additionally, the SRA of Config 1 is 106° for sources 
located at 3m distance, whereas that of Config 3 is 168° 
for the same condition.  This variation allows a control 
over ensemble width at a single array position. 
 
4.3. Stimuli 
For the source distance and width tests, the same sound 
sources as Experiment 1 (anechoic trumpet and conga 
recordings) were used.  The signals were convolved 
with impulse responses that were measured in the 
St.Paul’s hall using the front part of PCMA.  The 
measurement loudspeaker was a Genelec 8040A, which 
was located at the same position as described in Figure 
5.  The length of the sine sweep signal used for the 
measurement was 15 seconds.  The distance between 
the loudspeaker and the base point of the microphone 
array was 3m and the height of the array was 2.5m. 
For the ensemble distance and width tests, a recording 
of a full-scale orchestra was made in the same venue.  
The position and the height of the microphone array 
were the same.  The distance between the conductor 
position and the array base was 3m.  This was to 
achieve a full ensemble width for an image created by 
the microphones FL1, FC1 and FR1 only.  The music 
performed was Grieg’s In the Hall of the Mountain 
King.  
After the recordings of impulse responses and orchestral 
music, each coincident pair of the frontal PCMA signals 
were mixed with the different ratios required for the 
above-described virtual microphone configurations.   
4.4. Stimuli 
15 experienced subjects participated in the listening test.  
They were again staff members and undergraduate 
students of the music technology courses at the 
University of Huddersfield.  
4.5. Test method 
There were a total of four tests divided by the type of 
attribute: source distance, source width, ensemble 
distance and ensemble width.  It was not of primary 
interest to compare the difference between trumpet and 
conga for a certain configuration, but it was to see how 
the two distinctive sources differed in the pattern of 
perception changes as the PCMA configuration changed.  
Therefore, each source-related test was divided into two 
trials by the type of sound source rather than that of 
configuration. There was one trial for each of the 
ensemble distance and width tests, which compared the 
three PCMA configurations for a 15 second long 
excerpt from the orchestra recording.   
 
The listening tests were conducted in a semi-anechoic 
chamber in order to examine the effect of PCMA image 
rendering as independently as possible.  Three Genelec 
8040A loudspeakers were set up in the standard 60° 
angle and the distance between the listener’s ears to 
each speaker was 1.5m.  An acoustically transparent 
curtain was used in order to hide the nature of the 
experiment to the subject.  The reproduction levels were 
calibrated to an average SPL of 75dB(A) at the 
listener’s position for all the stimuli created for 
microphone configuration 1. 
 
The subjects used a MAX-MSP GUI to compare sounds 
A, B and C, which were synchronised in time and 
randomly represented three PCMA configurations.  
After three familiarisation trials, they graded the relative 
magnitudes of perceived distance or width for each 
sound on the continuous scales ranging from 0 to 100.  
A closer or narrower sound was to be graded more 
towards 0.  The presentation order of each trial within 
each test as well as each stimulus within each trial was 
randomised for each subject.  The subjects went through 
three familiarisation trials prior to the main tests.  The 
definitions used for the tests are given in Table 4. 
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Table 4. The definitions of spatial attributes used for 
Experiment 2 
Attribute Definition 
Source-
Listener 
Distance 
The perceived distance of a listener 
from an individual sound source 
 
Source 
Width 
The perceived horizontal spatial extent 
of a sound source itself; not related to 
reverberation or any other sound event 
that is temporally or spatially separated 
from the source 
Ensemble-
Listener 
Distance 
The perceived distance of a listener 
from a group of sound sources forming 
an ensemble 
 
 
Ensemble 
Width 
The perceived horizontal spatial extent 
of an ensemble itself (the horizontal 
distance between the individual 
sources perceived at the left and right 
edges); not related to reverberation or 
any other sound event that is 
temporally or spatially separated from 
the source 
 
4.6. Results and analysis 
Table 5 shows the results of multiple ANOVA tests 
performed to investigate the main effects of PCMA 
configuration and sound source for each attribute test.  It 
can be observed from the results that the main effect of 
array configuration is highly significant for all attributes 
tested (p=0).  On the other hand, it appears that the 
difference between the two sound sources is not 
significant (p>0.05) for both source-listener distance 
and source width tests. 
 
 
Table 5. Results of ANOVA performed to  
examine the main effect of PCMA configuration and 
sound source type on perceived auditory distances and 
width of source and ensemble  
Attributes tested Variable F p 
Source-Listener 
Distance  
Config 590.022 0.000 
Source 0.012 0.915 
Source 
Width 
Config 66.086 0.000 
Source 1.348 0.249 
Ensemble-Listener 
Distance 
Config 169.837 0.000 
Source . . 
Ensemble 
Width 
Config 62.771 0.000 
Source . . 
 
 
To investigate the significance of difference between 
each configuration visually, the mean value and 95% 
confidence interval of each configuration result was 
plotted for each test.  As can be clearly seen in Figure 8, 
the source-listener distance results have no overlapping 
error bars observed between any configurations.  Config 
1 appears to produce the closest source image, followed 
by Config 2 and Config 3 in order.  It can be also 
noticed that the increase in perceived distance is almost 
linear for both sources. 
 
Figure 9 shows that the perceived source width 
becomes significantly narrower in a linear pattern as the 
configuration number increases.  Additionally, trumpet 
is constantly graded to be slightly wider than conga, 
despite the insignificant statistical difference between 
them.   
 
The plots of the ensemble test results show very similar 
patterns to those of the source tests (Figure 10 and 
Figure 11), although the degree of linearity in the 
distance increase appears to be slightly lower. 
 
In general, the changes in perceived distance appear to 
be negatively correlated to those in perceived width.  To 
investigate this the ‘Pearson’ correlation tests were 
performed and the results shown in Table 6 confirm 
that the two attributes are negatively correlated at a 
reasonably high degree. 
 
Table 6. Results of Pearson correlation test performed 
for source/ensemble distance and width attributes  
Comparison r p 
Source-listener distance 
vs. source width 
-0.771 0.000 
Ensemble-listener distance 
vs. ensemble width 
-0.783 0.000 
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Figure 8. Means and associated 95% confidence interval 
of perceived source-listener distance for each PCMA 
configuration (More distant towards 100) 
 
 
 
 
Figure 10. Figure 8. Means and associated 95% 
confidence interval of perceived source-listener distance 
for each PCMA configuration (more distant towards 
100) 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 9. Means and associated 95% confidence interval 
of perceived source width for each PCMA configuration 
(Wider towards 100) 
 
 
 
 
Figure 11. Means and associated 95% confidence 
interval of perceived source width for each PCMA 
configuration (Wider towards 100) 
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5. DISCUSSIONS  
The results obtained from Experiment 1 showed that the 
perceived source width became significantly narrower 
as the source-listener distance increased.  This verifies 
the initial hypothesis of the listener’s perspective 
paradigm.  It was also observed from the results that 
both the perceived source width and source-listener 
distance changed linearly at every doubled distance.  
The results for the two attributes had a high negative 
correlation.  It can be suggested that a change in 
perceived source width would have a linear relationship 
with that in the SPL of direct sound based on the inverse 
square law.  This is supported by the finding of Keet [8] 
that there was a regular increase of about 1.5° in 
perceived source width for each decibel increase in 
SPL. 
 
In order to observe how different soundfield cues were 
encoded in the binaural signals, the energies of the left 
channel signals obtained for each receiver distance were 
analysed over three different time windows (0…5ms, 
5…80ms and 80…2100ms).  It can be firstly observed 
in the results shown in Figure 12 that the direct sounds 
(0…5ms) almost linearly and rapidly decreases as the 
distance increases.  The energies of late reflections and 
reverberation (80…2100ms) are relatively constant in 
the range of 1…2dB.  They are lower than the direct 
energy up to 6m and become higher at 12m, which leads 
to the D/R ratio below 0dB.  The energies of early 
reflections (5…80ms) are about 3dB lower than those of 
reverberation and also relatively constant at different 
distances.  From these observations, it is considered that 
the width changes that were observed in the subjective 
results might have been hardly affected by the early 
reflections but mainly caused by the decreasing SPL of 
direct sound.  
 
To investigate into the binaural effect of the early 
reflections on the subjective results, 1-IACCE3 [7], 
which was explained in Section 2.1, was computed from 
each of the BRIRs used for the experiment.  As can be 
seen in Figure 13, the variation of the measured values 
is very little in the range of 0.03…0.06, and this does 
not seem to be a useful predictor for the perceived 
results.    
 
 
Figure 12. Energies of left binaural impulse response 
signal calculated for three different time windows  
 
 
 
Figure 13. 1-IACCE3 for binaural impulse responses 
measured at different source-receiver distances  
 
It has to be noted that an IACC measure is purely based 
on the degree of similarity between binaural signals and 
does not take into account the effect of SPL on 
perceived source width and therefore it alone does not 
seem to be able to fully represent actual width 
perceptions at different distances.  As mentioned in 
Section 2.1, the SB measure for ASW prediction [9] 
combines LF (Lateral Fraction) with Gearly (the Strength 
Index of early sounds) a simple weighting (SB = LF + 
Gearly/60).  Strength index G is equivalent to the 
difference between the SPL measured at the receiver 
position and that of the same source measured at a 
distance of 10 m in an anechoic environment.  
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Beranek [10] has converted SB (shown in Section 2.1) 
into a binaural measure called Degree of Source 
Broadening (DSB) based on his finding that 1-IACCE3 
is approximately equivalent to 3.2 LF.  
)()3/5()1(31 3 dBGIACCDSB earlyE +−=  
 
Since source width perceptions at different source-
listener distances is related to SPL, it is considered that 
these measures including a level component as well as a 
spatial component would make better objective 
measures for evaluating spatial qualities at different 
seats within the same concert hall.  To investigate this 
briefly, DSB was crudely estimated.  Since omni-
directional impulse responses were not available, G was 
calculated instead of Gearly using the SPL measured on 
each source-receiver position and the SPL of the same 
loudspeaker source at 10m in a semi anechoic chamber, 
measured based on the method described in [16].  As 
can be seen in the plots in Figure 14,  the predicted 
results of DSB agree with the subjective results and are 
considered to be more robust than those of 1-IACCE3 
alone although a more proper measurement using an 
omni-directional sound source and omni-directional 
impulse responses to calculate Gearly.   
 
The relationship between objective measures and spatial 
perspective change at different listener distances is the 
subject of this author’s ongoing research and the results 
obtained using in various spaces will be presented in the 
future.  
 
Figure 14. DSB estimated using G and 1-IACCE3 
 
 
It was shown in Section 4.5 that the three reference 
virtual array configurations were able to produce 
significantly different magnitudes of perceived source-
listener distance and source width.  These two attributes 
were negatively correlated at a high level.  Similar 
tendencies were observed between perceived ensemble-
listener distance and ensemble width.  These results 
agree well with those shown in Experiment 1, which 
represent some patterns of natural spatial perception in a 
concert hall.  This strongly suggests the effectiveness of 
PCMA in terms of spatial perspective control for front 
sound images based on the listener’s perspective 
paradigm. 
 
The linear relationship in the magnitude of perceived 
differences means that a continuous adjustment of 
spatial attributes would be possible using PCMA.  
Based on the results of Experiment 1, this result also 
suggests that PCMA could provide three virtual 
listening seats at doubled distances (e.g. 3m, 6m and 
12m, with the closest position depending on where the 
array is placed).   
 
It was observed that for Config 3 the error bars were 
larger than the other configurations. This might suggest 
that as more reverberation was picked up by the rear 
facing microphones the subjects found it more difficult 
to distinguish a source-related width increase from an 
environmental width increase caused by reverberation.  
It is considered that this might be particularly true for 
continuous sources since temporally fused reverberation 
would be added to the ongoing direct sound.  This is 
related to Griesinger’s term CSI (Continuous Spatial 
Impression) [1], which suggests that reflections and 
reverberation arriving during the ongoing part of a 
sound could also contribute to source width perception. 
6. CONCLUSION AND FUTURE WORKS 
The goal of Perspective Control Microphone Array 
(PCMA) is to flexibly and naturally control the spatial 
perspective of reproduced multichannel sound in such a 
way that the perceived width and distance of source and 
ensemble as well as the sense of listener envelopment 
could be adjusted by engineer or listener to create a 
virtual listening position at varied distances from the 
source.  It is a single near-coincident spaced 
microphone array that allows various virtual 
microphone configurations to acquire soundfield cues 
from different directions.  The design of PCMA is based 
on a psychoacoustic model called listener’s perspective 
paradigm, which were introduced in Chapter 2. 
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This paper presented two subjective experiments 
conducted to evaluate the ability of PCMA to control 
source and ensemble related distance and width 
attributes.  The first experiment was designed to verify 
the hypothesis of the listener’s perspective paradigm 
suggesting that perceived source width would decrease 
as source-listener distance increased.  This was based on 
research findings suggesting that a decreasing SPL, 
which would be the case at an increased distance, would 
cause perceived source width to decrease.  This phase 
was necessary since there has been no experimental 
evidence provided in this context.  Listening tests were 
conducted on headphones for stimuli convolved with 
BRIRs measured in a practical concert hall.  The results 
statistically verified the hypothesis and suggested that 
both perceived source distance and width decreased 
almost linearly at doubled distances. It was also shown 
that the distance and width results had a high negative 
correlation.  
 
The second experiment examined the performances of 
three reference virtual PCMA configurations, with each 
forming a three-channel frontal array with different D/R 
ratio and stereophonic recording angle.  The results of 
listening tests conducted in a semi-anechoic chamber 
were statistically analysed and it was shown that the 
perceived distances and widths of both source and 
ensemble were significantly different for different 
PCMA configurations.  The patterns of the distance and 
width perceptions were highly similar to those in the 
first experiment.  Again, the distance and width were 
negatively correlated at a high degree.  A linear 
relationship for different configurations was also 
observed, which seems to suggest that PCMA could 
provide virtual listening positions roughly at doubled 
distances from an initial array position. 
 
Future works will include the evaluation of PCMA with 
regard to the control of LEV.  The listener’s perspective 
paradigm suggests that LEV should be evaluated for 
listener’s front and rear environments separately in 
order to take into account the attributes of spatial 
perception at different source-listener distances.  This 
will involve objective measurements of LEV as well as 
subjective ones.  It is also planned to analyse and model 
PCMA impulse responses to use for the development of 
user-interactive image rendering system based on the 
perspective adjusting functionality of the technique. 
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